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Abstract 
When the weak signal is interfered by wide bandwidth noise in the practical engineering, it is difficult to set the 
parameter of the traditional adaptive filtering algorithm. This paper proposes the adaptive filtering algorithm of 
wavelet transform. This algorithm is based on signal and noise which have different characteristics by wavelet 
transform at different scales. The weak signal with noise is decomposed by wavelet multi-scale, then the different 
filter parameters were selected for the multi-scale signals, and the signals were processed by adaptive filter, and 
finally the filter filtered out the noise in order to detect the weak signal. The traditional adaptive algorithm and 
adaptive filtering algorithm of wavelet transform were compared and simulated using the MATLAB software, the 
results show that: adaptive filtering algorithm of wavelet transform for weak signal detection method can more 
effectively detect weak signal from containing the noise signal than the traditional adaptive filtering algorithm. 
© 2011 Published by Elsevier Ltd. 
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1. Introduction
At present, no matter in the practical engineering or theory study, weak signal detection is an important
research topic from the noise signal. When the weak signal is interfered by wide bandwidth noise, setting 
the parameter of the traditional adaptive filtering algorithm is difficult. Wavelet analysis has a good ability 
to distinguish time-frequency signal processing to become a powerful tool[1]. In the field of signal 
processing, using wavelet transform in signal de-noising has gained more and more extensive application 
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[2, 3], where the literature [4-6] proposes a method of the nonlinear wavelet threshold de-noising. So the 
paper combines the method of the wavelet transform and the adaptive filtering, proposing the adaptive 
filtering algorithm of wavelet transform. Mallat algorithm was adopted, which can decompose the input 
orthogonal vector in multi-scale space, and reduce spectrum dynamic range of input vector autocorrelation 
array of the adaptive filter in order to improve the LMS convergence speed and stability. Through 
analyzing the weak signal detection in the practical engineering, the results show that the method based on 
adaptive filtering algorithm of wavelet transform is better than the traditional adaptive filtering. 
2. Adaptive Filtering Algorithm of Wavelet Transform 
2.1 Multi-resolution analysis of wavelet transformation 
Wavelet analysis has the characteristics of multi-resolution analysis, which has a wide range of 
application. The basic concept of wavelet are as follows: if ψ(t)∈L2(R) ,and Fourier transform ψ(ω) meets 
the allowable condition, so ψ(t) is called a basis wavelet or mother wavelet. The wavelet transform of f(t) 
is defined as: 
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Where, a is scale factor, b is translation factor. 
In 1988, the concept of multi-resolution analysis was proposed by Mallat, when he structured 
orthogonal wavelet basis [7], which illustrated the multi-resolution properties of wavelet from the concept 
of space, and unified the method of orthogonal wavelet basis, and put forward fast algorithm of the 
orthogonal wavelet transform, that is Mallat tower-type algorithm [8]. 
Multi-resolution analysis is that signal c0 was stepwise decomposed in two orthogonal space of the 
L2(R), and per step input was decomposed for high-frequency details signal and low-frequency 
approximate signal, and the sampling frequency of output was halved. The formula of this algorithm is:  
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Where, cj+1,k is approximate output when the signal is in the j+1 step, and dj+1,k is output when the signal 
is in the j+1 step. Two-scale sequence {g(k)} is regarded as the coefficients of the low-pass filter, and 
{h(k)} is the coefficients of the high-pass filter, the whole process gets a group of multi-rate filter signal 
reconstruction formula of Mallat is: 
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Through continuous compute the formula (3), we can obtain the original signal c0. 
2.2 LMS Adaptive Filtering Algorithm 
In this paper, using transversal structure of the LMS adaptive filter, its schematic diagram is shown in 
Figure 1. LMS adaptive transversal filter is composed of two basic components: (1) it has transversal 
filter of the adjustable weights, when time is n, this set of weights was shown with ω1(n),ω2(n),…,ωM(n); 
(2) it adopts the weight adjustment mechanism of the LMS adaptive algorithm. LMS adaptive transversal 
filter is a closed system, its weight vector with the input data and output signals are related [11]. 
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Fig. 1. LMS adaptive transversal filter schematic diagram 
In the figure 1, x(n) is weak signal when time is n, the input vector is  
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Filter parameter vector is  
                                                             (6) 
Filter output is  
                                               (7) 
Error e(n) which is y(n) relative to the desired output d(n) of the filter was shown as:  
                                                           (8) 
Using least mean square (LMS) algorithm, finding the optimal filter weights, and to improve detection 
signal. Output mean square error of filter is 
                                                       (9) 
Where, P , , P and Rx respectively were known as correlation vector 
which is the weak desired signal and input signal and autocorrelation matrix of the input weak signal. 
In this paper, the minimum mean square error (LMS) algorithm was adopted; it was widely used in 
practice. The iteration formula is as follows: 
−=+ μ                                                              (10) 
Where, W(n+1) is the adaptive filter weight vector at n+1 time, μ is the convergence factor. μ is a physical 
quantity which describes speed of the iterations, the selection of μ value is quite critical, when μ is greater, 
the adaptive time is shorter, and adaptive process is faster, but it raises the greater disorder, so greater μ 
value could easily result in serious system volatilization; when μ is smaller, and system is more stable, and 
disorder is smaller, but the adaptive process is the corresponding extension, so the selection of step size μ 
should be started from the requirement of the whole system, under meeting the precision, we should 
minimize the adaptive time, and make the LMS algorithm converge to the mean, and μ must meet the 
following conditions: 0<μ<2/λmax, where λmax is the maximal eigenvalue of the correlation matrix Rx [10]. 
2.3 Adaptive Filtering Algorithm of Wavelet Transform 
When a weak signal with noise has wide frequency, the traditional adaptive filtering algorithm has 
some shortcomings which are not easy to obtain the optimal step size and the effect of filtering is 
unsatisfactory, combined with the advantages of wavelet decomposition, designing an adaptive filtering 
algorithm of wavelet decomposition, the block diagram of algorithm is shown in Figure 2. 
For a weak signal collected with noise, firstly, setting the parameters of wavelet decomposition 
(wavelet function, decomposition layers ), the signal is conducted in multi-scale wavelet decomposition, 
and the signal of  different frequency band can be got, including low frequency signal cn,k and high 
2586  Jing Li et al. / Procedia Engineering 15 (2011) 2583 – 25874    Jing Li,et al/ Procedia Engineering 00 (2011) 000–000 
frequency signal d1,k, d2,k,…,dn,k. Through adjusting the parameters of every filter, the decomposed signal 
is conducted in adaptive filtering in order to reach the optimal effect of filtering, and when all the signal 
in the frequency bands meet the filtering requirements, the adaptive filtering comes to the end. The signal 
filtered is conducted wavelet synthesis, and finally the required useful signal can be obtained. 
 
Fig. 2. Adaptive filtering algorithm diagram of wavelet decomposition 
3.  Adaptive filtering algorithm of wavelet transform in the application of weak signal detection 
In the practical engineering, echo signal is weak; it’s extremely easily affected by various noises. The 
traditional adaptive filtering algorithm fails to set parameters easily, and it is not conducive to extract 
weak signal, which is extremely unfavorable in engineering practice. In this case, adaptive filtering 
algorithm of wavelet transform is applied in the engineering practice. 
Although the weak signal is susceptible to noise interference, the spectrum distribution of signal and 
noise are obvious difference. The frequency of weak signal is low, and the main effect of noise is in the 
high frequency band, so using this difference in frequency distribution to separate them by wavelet 
transform. Through using the wavelet multi-scale decomposition, the weak signal is decomposed into the 
detail components and the approximation components in different scales, and then using the adaptive 
filtering algorithm to filter for signal on the each scale, at the last, the signal, which is filtered on each 
scale, is needed to be synthesized, then we can get  the useful signal. This method will not lose useful 
information about weak signal, which can accurately and efficiently extract weak signals from the noisy 
signal. 
4. Simulation and analyze 
In the simulation, we use original signal which is s=xs+xn=3*sin(0.5*t)+ xn, where xn is interference 
noise. Real signal and original signal are separately shown in the figure 3 and figure 4. In the figure 4, we 
can see weak signal was seriously interfered by white noise, which can produce serious impact on the 
practical engineering. 
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Fig. 3. Real signal xs(n)                                                                                Fig. 4. The original signal with noise s(n) 
Using the traditional adaptive filtering algorithm and the adaptive filtering algorithm of wavelet 
transform to detect weak signal, the results are shown in the figure 5 and the figure 6. Analyzing the 
results show that: when using the traditional adaptive filtering algorithm for weak signal detection, the 
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wave is rough and many noises fail to be filtered, but using the adaptive filtering algorithm of wavelet 
transform for weak signal detection, the wave is very good. 
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Fig. 5. Traditional adaptive filter algorithms                                         Fig. 6. Adaptive filtering algorithm of wavelet transform 
5. Conclusion 
The paper aims at the shortage of the traditional adaptive filtering algorithms, and proposes adaptive 
filtering algorithm of wavelet transform, using this method to detect weak signal. the traditional adaptive 
algorithm and adaptive filtering algorithm of wavelet transform were compared and simulated by using 
the MATLAB software, the results show that: the effect is better based on adaptive filtering algorithm of 
wavelet transform for weak signal detection method than the traditional adaptive filtering algorithm in 
filtering noise, and adaptive filtering algorithm of wavelet transform can greatly improve the weak signal 
to noise ratio, we can obtain a more good convergence speed and stability, so the performance of the 
traditional adaptive LMS algorithm was improved. The algorithm for weak signal detection provides a 
good way. 
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